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ABSTRACT
We propose a method for the decomposition of measured directional
room impulse responses (DRIRs) into prominent reflections and a
residual. The method comprises obtaining a fingerprint of the time-
frequency signal that a given reflection carries, imposing this time-
frequency fingerprint on a plane-wave prototype that exhibits the
same propagation direction as the reflection, and finally subtract-
ing this plane-wave prototype from the DRIR. Our main contribu-
tions are the formulation of the problem as a spatial subtraction as
well as the incorporation of order truncation, spatial aliasing and
regularization of the radial filters into the definition of the under-
lying beamforming problem. We demonstrate, based on simulated
as well as measured array impulse responses, that our method in-
creases the accuracy of the model of the reflection under test and
consequently decreases the energy of the residual that remains in a
measured DRIR after the spatial subtraction.
Index Terms— Beamforming, Spherical Harmonics, Spherical
Microphone Arrays
1. INTRODUCTION
Parametric artificial reverberation offers flexibility and allows for
modification but cannot easily be adapted to resemble the reverber-
ation that would be measured in a real acoustic space. Even state-
of-the-art room acoustic simulations fail to render complex acoustic
scenarios that are indistinguishable from a reference measurement
with the main perceived differences lying in timbre and source posi-
tion [1]. This contribution tackles the problem of the virtualization
of real-world acoustic spaces from a different angle: by facilitat-
ing the separation of prominent early reflections from the diffuse
reverberation, it functions as a first step toward the parametric mod-
ification of measured directional room impulse responses (DRIRs).
Several methods for the parametric processing and rendering of
DRIRs have been proposed [2–8]. While many of them explicitly
distinguish between a non-diffuse and a diffuse part of the DRIR
in their processing, none of the methods achieves a general de-
tection and separation of individual reflections from the DRIR. A
separation of directional and diffuse signal components of sound
scenes is targeted in Coding and Multidirectional Parametrization
of Ambisonic Sound Scenes (COMPASS) [9]. COMPASS decom-
poses the sound scene into source signals and an ambient signal
using dedicated source and ambience beamformers before it pans
the source signals and decorrelates the ambience signal for render-
ing. Our proposed method extends the source and ambience beam-
formers of COMPASS by taking into account spatial aliasing, order
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truncation, and scattering off the surface of a spherical microphone
array (SMA). Our formulation is a general extension of such beam-
formers and is therefore also applicable to sound scenes as long as
the assumption of a given impinging wave front being planar is met
sufficiently well. Prominent reflections in RIRs are assumed to sat-
isfy the plane-wave assumption well and thus are our first choice to
employ the proposed method. As is commonly done with signals
captured by SMAs, the method operates in the spherical harmonic
(SH) domain.
2. PRESSURE ON THE SURFACE OF A RIGID SPHERE
DUE TO AN INCIDENT PLANE WAVE
The sound pressure p(ω,Θ) on the surface of a rigid sphere due to
a plane wave impinging from direction Θ0 and carrying the signal








n (Θ0)s(ω) , (1)
where Y mn (Θ) are the SHs of order n and degree m that depend on
the spherical coordinate Θ = (ϕ, ϑ) composed of the azimuth angle
ϕ and the zenith angle ϑ. For notational convenience, we assume a
real-valued definition of the SHs. The superposition of the incident
plane wave and the scattering off the rigid, spherical microphone
body evaluated at the surface of the rigid sphere with radius r, is







with the wave number k = ω/c composed of the angular fre-
quency ω and the speed of sound c, the imaginary unit i, and the
derivative of the spherical Hankel function of the second kind h′(2)n .
Expressions for other SMA configurations are provided in [12].
By limiting the infinite sum of (1) to a finite maximum SH order
Ñ and stacking Y mn and bn(ω) in vectors of length (Ñ + 1)2,






1 (Θ), . . . , Y
Ñ
Ñ
(Θ)]T, bÑ (ω) =
[b0(ω), b1(ω), b1(ω), . . . , bÑ (ω)]
T, (1) is re-expressed in matrix-
vector notation
p(ω,Θ) = yTÑ (Θ)BÑ (ω)yÑ (Θ0)s(ω) , (3)
where BÑ (ω) = diag(bÑ (ω)) is a diagonal matrix with bÑ (ω)
on its diagonal. Depending on the highest angular frequency of
interest ω and the radius r of the SMA, the order Ñ can be chosen
high enough such that the approximation of (3) creates a negligibly
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small error. The sound pressure is probed at a set of L locations on
the spherical body
p(ω) = Y TÑ,MBÑ (ω)yÑ (Θ0)s(ω) , (4)
which is expressed by the multiplication with the matrix YÑ,M =
[yÑ (Θ1), . . . , yÑ (ΘL)] that contains the SHs up to order Ñ , eval-
uated at all microphone locations. From the pressure p(ω) at the
microphone locations, an order-N SH representation
pN (ω) = ENY
T
Ñ,MBÑ (ω)yÑ (Θ0)s(ω) (5)
is obtained via the discrete spherical Fourier transform (DSFT) ma-
trixEN [10, Sec. 3.6] that in the general case employs the pseudoin-
verse EN = (Y TN,M)
†, but can for some sampling configurations
also utilize quadrature weights α, EN = YN,Mdiag(α). Note that
the maximum SH order N in the DSFT is limited by the number
L of microphones in the array and their spatial distribution, and is
in most practical cases smaller than the order Ñ for approximation
of ideal plane waves. This is referred to as order truncation in the
SMA literature and affects the output primarily at high frequencies.
The spatial information that is extracted by the SMA is additionally
corrupted at high frequencies by spatial aliasing, which is a conse-
quence of the employment of a discrete microphone grid [13].
3. EXTRACTION OF PLANE-WAVE SIGNALS AND
SPATIAL SUBTRACTION
The objective of the SH beamformer is to retrieve the plane-wave
signal s(ω) (cf. (1)) from the SH domain pressure pN (ω) using
beamformer weights dN (ω), such that the extracted signal
γ(ω) = dTN (ω)pN (ω) (6)
equals s(ω). This is achieved by removing the impact of the scat-
tering via the inverse scattering matrixB−1N and normalization with







We study the influence of different assumptions on the plane wave
that is also used for spatial subtraction and hence refer to it as
plane-wave prototype yN,pro(Θ0). In practice, the scattering ma-
trix BN (ω) has to be regularized before inversion (cf. Sec. 3.2);
the regularized version is denoted as B̃N (ω) and often referred to
as radial filter. The extracted signal γ(ω) characterizes a specific
sound event such as a room reflection and hence is in the following
referred to as time-frequency fingerprint of that event.
Note that, as in [9], this beamformer can be extended to con-
sider multiple simultaneous directions by replacing the vectors
yN (Θ0) and yN,pro(Θ0) by matrices whose columns contain such
vectors for multiple directions.
3.1. Ideal Case
If the SMA configuration supports an error-free DSFT up to order
Ñ , i.e. ENY TÑ,M = I , it does not introduce order truncation or
spatial aliasing artifacts. This can be achieved in practice by dis-
tributing the microphones according to a spherical t-design [14] of
degree t ≥ 2Ñ [10, Sec. 3.4]. If additive noise is disregarded,
BÑ (ω) can be inverted without regularization (except for ω = 0)
such that B̃−1N (ω)BÑ (ω) = I , and the suitable plane-wave proto-
type to extract the fingerprint γ(ω) is expressed as
yN,pro,1 = yN (Θ0) . (8)
A SH beamformer defined by the weights dN from (7) using this
plane-wave prototype is commonly referred to as plane-wave de-
composition beamformer or maximum directivity beamformer [10,
Sec. 6.1]. Note that in the beamforming literature, pN (ω) and
dN (ω) are commonly defined without taking into account the reg-
ularization of BN (ω), the order truncation, or the spatial aliasing,
and pN (ω) is termed the steering vector. Beamforming and spatial
subtraction based on the conventional definition of the steering vec-
tor was proposed in COMPASS [9]. Our main contributions are the
extended definition of the steering vector in (5) and the correspond-
ing adaptation of the beamformer weights as well as of the spatial
subtraction method in Sec. 3.2–3.4. However, for the spatial sub-
traction it is beneficial to define plane-wave prototypes that carry
the time-frequency fingerprint γ(ω) instead of steering vectors.
3.2. Non-Ideal Radial Filtering
The direct inversion of BN to remove the impact of the scattering
body is problematic if the measured pressure signals contain noise,
as the weights in (2) tend to zero for low frequencies. Common so-
lutions [11, Sec. 6.8] [15–17] apply regularization to limit the strong
boost of low frequencies and refer to the inverted filters as radial fil-
ters. We again assume a SMA that is able to achieve an error-free
DSFT up to order Ñ but now include the regularized radial filter
B̃−1N (ω) into the definition of the plane-wave prototype
yN,pro,2(ω) = B̃
−1
N (ω)BN (ω)yN (Θ0) . (9)
3.3. Order Limitation and Spatial Aliasing
In addition to the regularized radial filtering, we include the dis-
cretization of the sound pressure by the array microphones via
Y T
Ñ,M
and the truncation to orderN carried out by the DSFT matrix





Ñ,MBÑ (ω)yÑ (Θ0) , (10)
and by that model the prototype as being order truncated and ex-
hibiting spatial aliasing.
3.4. Spatial Subtraction
The spatial subtraction separates the signal components that are di-
rectly related to a single plane wave from the rest of the signal, in the
following denoted as residual. To calculate the residual, the time-
frequency fingerprint γ(ω) of the wave front under consideration
is imposed on a plane-wave prototype yN,pro(ω) and subtracted
from the measured, spherical Fourier transformed, and radial fil-
tered pressure signal p̊N (ω) = B̃−1N (ω)EN p̊(ω),
sN,res(ω) = p̊N (ω)− yN,pro(ω)γ(ω) . (11)
Both, p̊(ω) and p̊N (ω), denote measured quantities that are theo-
retically described by (4) and (5), respectively.
In the following, a subscript index denotes which specific
plane-wave prototype is employed in the definition of the residual
whenever a distinction is necessary, e.g., sN,res,1(ω) is defined us-
ing the plane-wave prototype yN,pro,1 from (8).
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(a) Simulation. (b) Measurement.
Figure 1: Magnitude responses |γ(ω)| extracted from a plane wave with a flat magnitude response by a beamformer (6) utilizing the different
plane-wave prototypes yN,pro(ω) from (8)–(10).
4. EVALUATION USING SMA IMPULSE RESPONSES
Before the method is applied to a DRIR, we investigate the effec-
tiveness using measured free-field SMA impulse responses. In par-
ticular, we compare the magnitude responses |γ(ω)| extracted by
the beamformer (6), using the three different plane-wave prototypes
yN,pro(ω) of (8)–(10) in the definition of its weights dN (ω). Then,
we perform the spatial subtraction and investigate the SH vector
norm of the residuals to compare the effect of the three different
plane-wave prototypes. All simulation and measurement data in this
contribution use Ñ = 32, a DSFT matrix employing the pseudoin-
verse EN = (Y TN,M)





that are collected on the diagonal of B̃−1N (ω) whereby (·)
∗ denotes
the complex conjugate.
4.1. Evaluation of the Beamformer
We evaluate the beamformer (6) that extracts the time-frequency
fingerprint γ(ω) of an impinging wave front. A rigid-sphere ar-
ray with L = 26 microphones distributed according to a Lebedev
grid with radius r = 8.5 cm was simulated, enabling a DSFT up
to order N = 3. Fig. 1a depicts |γ(ω)| assuming an ideal plane-
wave signal with flat magnitude response as described by (5) for the
three different plane-wave prototypes. Due to the regularized ra-
dial filtering that is not included in the definition of the plane-wave
prototype yN,pro,1, the corresponding magnitude response deviates
from the flat response below 700 Hz. For high frequencies above
2.5 kHz, the magnitude responses that are extracted using yN,pro,1
and yN,pro,2(ω) deviate from the flat response as they do not take
into account the order truncation and the spatial aliasing. Only the
beamformer using the plane-wave prototype yN,pro,3(ω) is able to
extract the flat magnitude response over the full frequency range.
To evaluate the accuracy of the underlying model assumptions,
impulse responses of several SMAs were measured in the anechoic
chamber of the Division of Applied Acoustics at Chalmers Uni-
versity of Technology and are made available online [18]. In the
following, we again consider the same SMA with L = 26 mi-
crophones distributed according to a Lebedev grid. The SMA was
emulated using the VariSphear [19] sequential measurement sys-
tem, which comprises a single DPA 4060 pressure microphone and
a wooden rigid sphere of radius r = 8.5 cm as scattering body.
The distance between the emulated SMA and the employed Gen-
elec 8030A loudspeaker was 2.15 m. Additionally, the impulse re-
sponse between the loudspeaker and the microphone without the
Figure 2: The vector norm of the measured SH sound pressure
p̊N (ω) of a free-field SMA impulse response is reduced over a wide
frequency range after spatial subtraction. The magnitude of the re-
duction depends on the employed plane-wave prototype yN,pro(ω)
from (8)–(10).
scattering body was measured and compensated for by deconvolu-
tion such that |γ(ω)| may be considered constant. Fig. 1b shows
|γ(ω)| based on the measured impulse responses. The simulation
of Fig. 1a and the measurement of Fig. 1b are nearly identical: in
contrast to yN,pro,1 and yN,pro,2(ω), the beamformer based on the
plane-wave prototype yN,pro,3(ω) is able to extract a nearly flat
magnitude response. Only for very high frequencies close to 20 kHz
a significant roll-off is visible that is caused by a band limitation in
the measurement processing chain.
4.2. Evaluation of the Spatial Subtraction
The effectiveness of the spatial subtraction is analyzed via the norm
of the residual ‖sN,res(ω)‖ obtained after subtraction of the plane-
wave prototype from the measured, spherical Fourier transformed,
and radial filtered DRIR p̊N (ω). According to Parseval’s theorem





the squared SH vector norm equals the total spatial energy over the
whole unit sphere S2 of the residual in space domain sres(ω,Θ),
which makes the SH vector norm a suitable measure. The subtrac-
tion of a plane-wave prototype that is an exact copy of the impinging
wave front leads to a vector norm of −∞ dB.
Fig. 2 depicts the results for the three plane-wave prototypes.
The measured free-field SMA impulse responses are the same as in
Sec. 4.1. All three plane-wave prototypes achieve a substantial sub-
traction of energy for frequencies below 7 kHz. Between 600 Hz
and 2 kHz all three variants show the same subtraction performance
as the impact of the regularization of the employed radial filters
as well as of the order truncation and the spatial aliasing are neg-
ligible at these frequencies. The incorporation of the regularized
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(a) Direct sound. (b) Most prominent reflection.
(c) Second-most prominent reflection. (d) Least prominent of the extracted reflections.
Figure 3: The vector norm of the measured SH sound pressure p̊N (ω) of the direct sound and prominent reflections in a DRIR is reduced
in the residual sN,res(ω) obtained from spatial subtraction. The magnitude of the reduction depends on the employed plane-wave prototype
yN,pro(ω) from (8)–(10) and the prominence of the reflection.
radial filter definition into the prototype improves the subtraction
in sN,res,2(ω) and sN,res,3(ω) below 600 Hz. Between 2–16 kHz,
the norm of the residual sN,res,3(ω) is up to 13 dB smaller than the
norm of the other residuals. Very close to 20 kHz, the subtraction
is not successful which is again caused by the band limitation in the
processing chain of the measurement.
5. CASE STUDY: SPATIAL SUBTRACTION OF
REFLECTIONS IN A DRIR
To evaluate the method in a more realistic scenario where the di-
rections of arrival (DOAs) Θ0 of the impinging wave fronts are not
known precisely and possibly several wave fronts overlap in time,
the spatial subtraction method is applied to a DRIR measured in
a 10.3 x 5.8 x 3.1 m conference room [20]. The DRIR was mea-
sured with an Eigenmike em32 microphone array (N = 4) and
a Genelec 1030A loudspeaker at a distance of 2.5 m. In particu-
lar, this study uses measurement position 2 of the data set, where
a table is located between the source and the receiver. To de-
tect the most prominent directional peaks in the DRIR, the peak
finding algorithm from [21, 22] was implemented. The algorithm




]T, that is obtained from the zeroth
and first-order SH components of the DRIR, i.e., the first four chan-
nels w(t), y(t), z(t), x(t), if ordered according to the Ambisonic
channel number (ACN) sequence [23]. It then finds prominent
peaks of the averaged pseudo-intensity vector magnitude above a
prominence threshold that is defined using the lower quartile of
the magnitude and exponential slopes decaying from the individ-
ual peaks. We use the onsets of the exponential slopes to define
the borders of rectangular windows for the isolation of the indi-
vidual peaks. Using this algorithm, the 9 most prominent peaks,
including the direct sound and 8 reflections that arrive within 31 ms
after the direct sound, were isolated. The corresponding rectangu-
lar windows have lengths between 1.6–3.1 ms. Subsequently, SH-
MUSIC [24] was used to estimate the DOAs of the 9 most promi-
nent peaks. As in Sec. 4.2, the proposed spatial subtraction method
is evaluated by analysis of the SH vector norm of the DRIR before
and after the subtraction.
Fig. 3 shows the SH vector norm of the residual obtained for
the direct sound, the two most prominent and the least promi-
nent of the detected reflections. These four given examples also
resemble the results obtained for the other five detected reflec-
tions: for frequencies below 2 kHz, the spatial subtraction using
the two proposed extended definitions of the plane-wave proto-
types yN,proto,2(ω) and yN,proto,3(ω) outperform the conventional
method using yN,proto,1 in most cases by achieving a more signifi-
cant reduction of the SH vector norm of the corresponding residual.
For high frequencies above 4 kHz, the spatial subtraction based on
yN,proto,3(ω) outperforms the other two versions due to considera-
tion of the order truncation and the spatial aliasing. The magnitude
of the improvement depends on the prominence of the reflection.
For less prominent reflections, the differences in performance are
smaller. The explanation for this is twofold: Firstly, less prominent
reflections in this scenario also occur later in time, at which point
the DRIR contains a more significant amount of diffuse energy, such
that the subtraction of a single plane wave removes a smaller part
of the total energy. Secondly, due to the increasingly diffuse con-
ditions and the possible overlap of several reflections in time, the
accuracy of the DOA estimate is reduced which impairs the con-
gruence of the plane wave prototype with the real wave front. To
facilitate a more intuitive insight into the results obtained with the
proposed algorithm, we provide online examples for listening [25].
6. CONCLUSION
We proposed a spatial subtraction method for the decomposition of
DRIRs into prominent reflections and a residual. The method ex-
tracts the time-frequency fingerprint of a reflection and effectively
subtracts the corresponding components from the DRIR. It outper-
forms an existing method at low frequencies by taking into account
the regularization of the employed radial filters, as well as at high
frequencies by considering the impact of order truncation and spa-
tial aliasing.
2021 IEEE Workshop on Applications of Signal Processing to Audio and Acoustics October 17-20, 2021, New Paltz, NY
7. REFERENCES
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